Abstract. Many studies have been devoted to the adaptive power line interference (PLI) removal design for biomedical signal processing. Most of the existing PLI removal methods are developed for applications in which the presence of PLI strongly affects the system performance. The objective of the work is to investigate the suitable method that is more feasible for its FPGA implementation. The detail study is made on available methods for PLI removal for biomedical signal processing. Different algorithms like LMS, NLMS, SLMS etc. have been analyzed for their applications in adaptive power line interference removal. LMS algorithm with some modifications in weight updation process is proposed for better performance of adaptive power line interference removal. The weights at which system got minimum error in the output are chosen using bubble sorting method to recover clean ECG signal. The implementation of adaptive PLI removal using Minimum Error Weight Adjustment (MEWA) made the system more efficient in terms of signal to noise ratio (SNR) and correlation coefficient with less computational complexity. In FPGA implementation of the system, the focus will be on making the implementation efficient in area and power utilization by using different area and power minimization techniques.
algorithms have been proposed for the implementation of same but could not achieve the best suited algorithm which can give the solution for frequency, amplitude and phase variations simultaneously without distorting the characteristics of original ECG signal.
So it is required to implement novel method for eliminating power line interference using adaptive filter without distorting the original biomedical signal.
Introduction
One of the application areas of signal processing techniques is biomedical engineering such as electrocardiography. The electrocardiogram (ECG) is graphical representation of cardiac activity of heart. An ECG signal is an index of functionality of heart which plays very important role in the diagnosis of heart diseases. Very fine features in ECG signal carry important information regarding patient's heart condition. So it is very necessary to have a noise free ECG for correct diagnosis. Most of the medical equipments used in hospitals are powered by power supply of working frequency 50/60 Hz. American Heart Association recommends that ECG signal recorder have 3dB frequency range from 0.67Hz to 150Hz. As power supply frequency lies within the frequency range of ECG signal, measured ECG signal is corrupted by power line interference (PLI) [2] . PLI with low frequency and weak amplitude may totally mask the signal of interest and affects the reliability and accuracy of ECG signal. For the quality analysis of cardiac diseases, PLI should be removed from ECG signal, while keeping ECG signal intact [4] . Traditional approach to remove PLI was to use a notch filter with narrow rejection bandwidth. Increase in attenuation level of notch filter, PLI can be removed effectively however increased bandwidth disturbs the nearby spectrum. This is the major drawback of using fixed notch filter for removal of PLI from ECG signal [2] . This approach is not suitable when PLI is non-stationary in nature, i.e. when frequency, phase and amplitude of PLI are varying with respect to time. So adaptive interference canceller is required for the removal of such kind of interference. Adaptive filters have the capability of tracking and detecting dynamic variations and time varying potentials. The purpose of an adaptive interference canceller is to subtract non-stationary type of noise from a received signal in adaptively controlled manner so as to improve the signal to noise ratio (SNR). In adaptive PLI cancellation method, PLI is estimated by minimizing difference using adaptive algorithms. Further estimated PLI is subtracted from noisy ECG signal to cancel the PLI at successive iteration [7] . The adaptive interference canceller shown in Fig. 1 operates on the reference PLI input i(n) to produce estimate of the noise which is then subtracted from the desired signal d(n), i.e. noisy signal to get the error signal e(n). Further the weight updation is done by MEWA LMS algorithm to minimize the error.
Power line interference may occur through two mechanisms: capacitive and inductive coupling. In capacitive coupling, the transfer of energy between two circuits by means of a coupling capacitance pre-sent between two circuits. The value of the coupling capacitance decreases with increasing separation of the circuits while inductive coupling causes because of mutual inductance between two conductors. The geometry of the conductors as well as the separation between them determines the value of the mutual inductance, and hence the degree of inductive coupling. Actually, capacitive coupling is responsible for high frequency interference while inductive coupling causes low frequency interference. For this reason, inductive coupling is the dominant mechanism of power line interference in electrocardiography. Ensuring the proper application of electrodes, that there are no loose wires, and all components have adequate shielding which can help to minimize occurrence of amount of power line interference.
Related Work and Preliminaries
Author presents a survey on implementation of an adaptive power line interference canceller for ECG signal processing and recommends to use Least mean-square (LMS) algorithm. Notch filters are ineffective, whenever the power line frequency is not stable or not accurately known. A mismatch between the suppression band and the power line frequency might lead to inadequate reduction of power line interference therefore adaptive interference cancellers should be preferred. LMS algorithm is commonly used for adaptive filtering since it is computationally simple and efficient [1] . The least mean square (LMS) is the most used algorithm to iteratively minimizing the mean square error (MSE) of the system output. In some practical applications, the LMS algorithm can be implemented only with delayed coefficient adaptation [11] . The use of delayed coefficient adaptation in the LMS algorithm has enabled the design of modular systolic architectures [12] . The convergence behavior of this delayed least mean squares (DLMS) algorithm, when compared with that of the standard LMS algorithm, its performance is degraded with the increase in the adaptation delay. Modular design systolic architecture for transversal adaptive filtering that maintains the convergence behavior of the LMS algorithm by minimizing the adaptation delay, and also supports high input sampling rates with minimal input/output latency [15] . The first used adaptive method to remove 50/60 Hz interference from a corrupted ECG signal using adaptive filter was proposed by Widrow. This method is very robust and has the capability to remove 50/60 Hz interference [8] . Ziarani et al. proposed nonlinear adaptive filter for removal of PLI from ECG signal. Structure of filter is highly simple and required little arithmetic [5] .
Adaptive noise canceller (ANC) method with internal reference signal is introduced by Ziarani which is having more complex structure. Martenes et al. proposed simple adaptive noise canceller as improvement in Widrow method and neglecting the presence of PLI harmonics [6] . Ziarani proposed very practical method for PLI removal but [7] .
Further the work is extended by Bharath with the use of appropriate window length. Yue Der Lin and Yu Hen Hu proposed LDA based adaptive filter overcome drawback of unrealistic assumptions for existing methods with less computational complexity. Structure is capable to eliminate PLI with variable frequency and other sinusoidal interference [3] . Some researchers have presented the real time imple-mentation of an adaptive canceller using FPGA. Larger the value of step size parameter (u) increases the convergence speed but affects the stability and vice versa [14] , [17] .
Proposed Method
A block diagram of the proposed adaptive PLI removal using Minimum Error Weight Adjustment (MEWA) is depicted in Figure 1 . This proposed adaptive canceller is capable to suppress the nonstationary PLI in ECG recordings. Weights of filter are automatically updated using MEWA algorithm. This algorithm is highly efficient because of its robustness and low computational complexity. We have used the sliding window approach for filtering. As the order of filter is 2, the window length is also taken as 2. So the computational complexity is getting reduced which will be a very important parameter for real time implementation. The weights at which the system got minimum error in the output are chosen to recover the clean ECG signal. The first order digital FIR filter is used for filtering purpose. Both the filter weights are getting updated at every iteration. The performance of system is analyzed by observing the value of error for different values of step size parameter and number of filter taps. The bubble sorting method has been used to find out the location at which minimum value of error is present. That location identifies the most appropriate weights of filter to reconstruct the required ECG signal. Those weights are maintained till the next minimum value of error gets appear. So the method is called as Minimum Error Weight Minimization (MEWA) Method. Sign Least Mean Square (SLMS) algorithm is used for updating the weights. Different PLI signals are artificially generated for testing purpose using inductive coupling mechanism. Mathematically, MEWA can be demonstrated as follows:
where d(n)=x(n)+i(n) x(n) is a clean ECG signal and i(n) is added interference W = lam*W + mu*sign(e(n))*X; where e(n) is an error signal (2) Location(l) = n{min(e(n))} (3) w = w(l); where w is the current weight vector (4) Fig. 2 . Clean ECG signal from MITBIH database. Fig. 3(a) . Noisy ECG Signal with 5 db SNRin. 
Evaluation Method
In order to validate the performance of MEWA LMS algorithm, simulation is carried out using ECG signals from MITBIH database as shown in Fig. 2 . The ECG signals are of 1 s duration with a sampling frequency of 250 Hz. First the signal is passed through a channel to introduce channel noise. Further the received ECG is added with the additive noise to form a noisy signal as shown in Fig. 3(a)(b)(c) . This signal is used as an input signal to evaluate the performance. To quantify the performance of the interference canceller, signal to noise ratio (SNR) and the correlation coefficient (CC) between the original ECG signal and the filtered ECG signal are calculated. Signal to noise ratio is measured at the input, as SNRin and at the output as SNRout of the adaptive canceller. SNR improvement is one of the most important parameter to evaluate the system performance. SNRin is defined as the ratio of the power of the ECG signal to the power of added noise and SNRout is defined as the ratio of the power of the ECG signal to the residual noise power. And Correlation Coefficient gives the degree of similarity between clean ECG and filtered ECG.
Results and Discussion
Clean ECG signal recorded at Beth Israel Hospital (BIH) in Boston and made available by Massachusetts Institute of Technology (MIT) is taken for simulation. The clean ECG signal is having 2560 discrete values as shown in Fig. 2 . This clean ECG signal is passed through noisy channel and further polluted by synthetically generated nonstationary interference as shown in Fig. 3 (a)(b)&(c) . The algorithm is analyzed by using MATLAB simulation. In order to compare the performance of proposed adaptive algorithm, first the performance of normal LMS algorithm is taken into the consideration. Thereafter proposed MEWA LMS algorithm is analyzed for different values of step size parameter. Following Table 1 shows the comparative analysis of normal LMS algorithm with MEWA LMS algorithm with respect to SNRout and Corr. Coeff values. 
Conclusion
Cancellation of Power Line Interference from ECG signal is a challenging problem as the frequency of Power Line Interference may change with time. This work suggested the minimum error weight adjustment (MEWA) mechanism for LMS algorithm. An adaptive interference canceller using MEWA LMS efficiently filters the ECG signal without distorting the characteristics of ECG signal with fewer computations. The choice of step size parameter is again a critical issue. Result shows the improved values of SNRout and Correlation coefficient. As the filter requires only two taps for designing, the computational complexity is getting reduced. This will help the designer for real time implementation. The proposed algorithm gives SNR improvement of about 40db. The comparative analysis proves the advantage of MEWA LMS over Normal LMS.
Work in Progress
Currently the work is going on for finding the best suitable algorithm for adaptive power line interference removal. The feasibility of algorithm for real time implementation will be checked first. Once the algorithm is getting finalized, real time implementation of the algorithm will be done. Adaptive interference cancellers can be implemented using general-purpose microcontrollers or digital signal processors. These solutions are not optimum since they have low processing speed and sequential execution due to the fact that adaptive cancellers are implemented with a software program. Another solution is the implementation of the adaptive controller with field-programmable gate array (FPGA) [10] [19] . The adaptive filters can be implemented by sequential, parallel and semi-parallel architectures. The type of architecture chosen is based on sample rate and number of coefficients. The parallel architecture is well suited for a high sampling rate requirements and a small number of coefficients. However, the sequential architecture is more suited for the low sampling rate requirements and a large number of coefficients. The semi-parallel architecture is a good compromise that permits to implement filters having a large number of coefficients and requiring a high sampling rate [9] . So the adaptive power line interference removal will be implemented using semi-parallel architecture on FPGA.
After real time implementation on FPGA, the next target is to calculate the requirement of power and area for chip level implementation probably on 90nm technology. Quartus and Cadence tool will be used for detail power and area analysis.
